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SYSTEM FOR MULTIPLE VOICE LINES 
WITH DATA OVER A SINGLE SUBSCRIBER 

LOOP 

RELATED APPLICATION 

This application claims the bene?t of US. Provisional 
Application No. 60/101,135, ?led Sep. 21, 1998. 

FIELD OF THE INVENTION 

The present invention relates to digital subscriber loop 
applications, and more particularly to multiple voice lines 
With data over a single shared subscriber loop. 

BACKGROUND OF THE INVENTION 

With the popularity of the Internet and the increasing 
trend of small businesses locating to the home, telephone 
service providers are experiencing a large and increasing 
demand for additional voice line service to businesses and 
homes. 

Most central of?ces (COs) have excess sWitching capacity 
for providing additional voice lines to subscribers. Once an 
additional access line is extended to a subscriber, there is 
little expense involved in providing voice services and the 
added line can provide the telephone service provider With 
incremental revenue generating services. 

The conventional approach for providing additional 
access voice lines to the subscriber is to add analog sub 
scriber loops by laying additional copper lines to, and 
changing or adding lightning protection devices at, the 
subscriber premise. The subscriber loop is the tWo-Wire 
copper transmission and signaling path betWeen a telephone 
subscriber’s terminal equipment and the serving central 
of?ce or another piece of terminal equipment. HoWever, the 
time and expense involved in this approach can be 
considerable, greatly increasing the time to recoup a return 
on investment. 

Aproblem With any analog subscriber loop based signal 
ing system, from a transmission perspective, is loss and 
impairment of the signal. This can be caused by physical 
conditions, such as bridge taps, gauge changes, line length, 
insulation, age, and environmental cable damage, or due to 
interference from external sources such as impulse noise and 
cross talk. Signal degradation typically manifests as noise, 
loss, distortion, and interference. 

Another problem With the conventional approach is that 
analog loops are typically used With standard modems Which 
use baseband POTS (Plain Old Telephone Service) voice 
frequency spectrum (0—4 kHZ) to transmit information, and 
cannot exceed transmission poWer levels as dictated by the 
FCC due to cable pair crosstalk effects. The effect of the 
current FCC rules is to restrict the output of service provid 
ers’ modems to doWnload speeds of 53 kbps and upload 
speeds of 31.2 kbps. Actual speeds may vary depending on 
line conditions, but cannot exceed these maximums. 

Frequency Division Multiplexing (FDM) is one technique 
for providing additional voice lines over a subscriber loop 
that does not require laying additional copper lines. This 
approach uses a frequency spectrum that is spectrally iso 
lated from that used by baseband POTS, thus alloWing 
additional 4 kHZ analog POTS channels on higher frequency 
carrier signals to use the same tWo-Wire subscriber loop. 
Such passband analog carrier techniques tend to amplify the 
loss and impairments analog loops typically suffer. 
A technique that uses FDM is Digital Added Main Line 

(DAML). At the CO, a DAML modem is presented With two 

10 

15 

25 

35 

45 

55 

65 

2 
or more subscriber loop analog voice signals. These analog 
voice signals are converted by the modem to a digital line 
code format and transmitted over a single subscriber loop to 
another DAML modem located at or near the customer 
premise. The customer premise DAML modem decodes the 
line and presents the subscriber With tWo or more tWo-Wire 
connections corresponding to the subscriber loop connec 
tions to the DAML modem at the CO. The digital line codes 
can take a number of forms, the most common of Which are 
Amplitude, Phase and Frequency Shift Keying, 2-Binary-1 
Quaternary, Carrierless Amplitude Phase Modulation, and 
Quadrature Amplitude Phase Modulation. A problem With 
this approach is that the D/A/D conversion at the CO of the 
pulse code modulation (PCM) digital signal to an analog 
loop signal back to the DAML digital signal can cause 
degradation of the signal through such effects as quantiZa 
tion errors and phase distortion. 

Another technique used to transport multiple voice lines 
in a digital fashion over the subscriber loop is Integrated 
Services Digital NetWork (ISDN). This is a direct digital, 
multiple voice/data channel system that also includes a 
signaling channel. HoWever, ISDN requires changes in 
equipment, administration and maintenance at the sWitching 
system. 

Another approach involves transmitting voice packets 
over a data netWork Which can include subscriber loops. The 
better knoWn implementations of this approach are Voice 
Over IP (VOIP), Voice Over ATM (VOATM), and Voice 
Over Frame Relay (VOFR). 
VOIP applications are typically deployed throughout a 

campus environment, using CAT 5 Wiring or ?ber as 
described in standards publication EIA/TIA-570-91, “Resi 
dential and Light Commercial Telecommunications 
Wiring,” Electronic Industries Alliance/ 
Telecommunications Industry Association, June 1991, to 
each terminal and connected through a common sWitching 
fabric such as Ethernet,ATM or a hybrid system. In addition, 
calls can bridge to the Internet from the campus 
environment, or Intranet, via gateWays such as routers or 
Layer 3 sWitching systems. 

In some applications, a desktop computer or other device 
acts as the VOIP enabled terminal used to support remote 
communications consistent With ITU-T standards publica 
tion H.323, “Packet Based Multimedia Communications 
Systems,” International Telecommunications Union (ITU), 
Feb 1998. Such systems, typically employ Digital Signal 
Processors (DSPs) to provide compression of voice IP 
packets at the desktop Which are then forWarded to other 
stations on the local Intranet or on through the Internet to 
remote stations. VOATM and VOFR are other packet tech 
niques used to transport voice and interWork3 With the 
Public SWitched Telephone NetWork (PSTN). 

Subscriber loops can extend the reach of a WAN netWork 
for VOIP applications using xDSL signaling and transmis 
sion techniques. xDSL technologies enable bandWidth to the 
premise that may co-exist With baseband POTS service. 
ISDN can also provide bandWidth to the home that connects 
to a packet netWork through Which it provides voice ser 
vices. IP packets, ATM Cells, or other frame formats can be 
transported over subscriber loops using ISDN or xDSL 
technologies such as ADSL and HDSL. 

HoWever, voice and data have different requirements for 
netWork services. Voice transmission requires only a small 
amount of bandWidth, but that bandWidth must be available 
on a dedicated or continuous basis With very little delay, 
delay variation, or loss. Even delays in the millisecond range 



US 6,747,995 B1 
3 

can give rise to noticeable echoes or gaps in the conversa 
tion. For example, delays introduced by routers and gate 
Ways can have adverse affects on voice. 

PacketiZed speech belongs to the category of realtime data 
traffic, and as such has stringent delivery requirements With 
respect to loss and error. In packetiZed speech, the end-to 
end average netWork delivery time must be small, and the 
end-to-end variation of the delivery time, including losses, 
must be small. 

In voice transmission, the overall delay should not exceed 
200 ms, Which is the delay that has been accepted as 
commercially acceptable. 100—200 ms is the typical goal. At 
around 800 ms, the delay impedes normal telephonic con 
versation. Normally, a delay of 200—800 ms is conditionally 
acceptable for a short portion of the conversation When such 
occurrences are rare and far apart. 

In traditional voice netWorks, the round trip delay is about 
20—30 ms. Voice delays in frame relay netWorks, can be 
around 125—200 ms. In Ethernet netWorks carrying TCP/IP 
packets, the delay can vary Widely depending on traffic 
loads. Due to the inherent realtime de?ciencies of shared 
data netWorking technologies, the above issues represent 
serious challenges for the transmission of voice over typical 
campus netWorking environments extended to the premise. 

In addition, ATM as a standard still lacks support for voice 
compression, silence suppression, idle channel cell suppres 
sion and signaling support including translation of voice 
signaling to sWitched virtual connection ATM signaling. 

Further, ATM trunking for narroWband services, such as 
voice, introduces some additional delay to that encountered 
naturally over an ATM netWork due to buffering to accom 
modate cell delay variation introduced by the ATM netWork 
and cell assembly/disassembly delay. 

Accordingly, it is an object of the present invention to 
provide a system that provides additional voice and data 
lines over a subscriber loop that is shared With POTS. 

Another object of the present invention is to provide such 
a system such that any in-band signaling in support of 
advanced telephony features is supported. 

Another object of the present invention is to provide such 
a system such that there is no discernible degradation of the 
reconstructed voice signal. 

Another object of the present invention is to provide such 
a system such that voice traffic has priority over data traffic. 

Another object of the present invention is to provide such 
a system such that the analog modem transmission speed of 
the line is not capped at the FCC mandated limit of 53.3 kbps 
for analog lines. 

Another object of the present invention is to provide such 
a system that avoids impairments associated With extra D/A 
conversions. 

Another object of the present invention is to provide such 
a system using less expensive components commonly found 
in the data netWork environment. 

Another object of the present invention is to provide such 
a system that is customer installable at the customer’s 
premise. 

Another object of the present invention is to provide such 
a system that can be incrementally implemented in the 
netWork to initially provide voice services Without the need 
to establish a separate data transport infrastructure apart 
from the current CO sWitch. 

SUMMARY OF THE INVENTION 

The present invention is a system that provides additional 
voice lines over a single tWo-Wire subscriber loop While 
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4 
retaining POTS service to the customer premise over the 
loop. The system includes a digital modem at the CO 
connected over the subscriber loop to another digital modem 
at the customer premise. The CO modem connects to the 
PSTN over a direct digital interface to the CO sWitch. This 
eliminates the extra D/A conversion found in most prior art 
systems. These D/A conversions are a key source of signal 
degradation, and the elimination of even one such conver 
sion Will provide for an improved signal over the prior art 
systems. The CO modem can also connect to a data netWork 
over a packet interface, such as Ethernet. 

The CO modem receives voice data from the CO sWitch 
over the digital trunk interface in PCM format clocked to the 
netWork timing reference signal. The PCM voice samples 
are then packetiZed by the CO modem and transmitted to the 
customer premise modem using a suitable digital modula 
tion line code. A table mapping digital trunk interface 
timeslots to telephone line addresses on the customer 
premise modem is maintained in the CO modem. A timing 
reference signal synchroniZed With the netWork timing ref 
erence signal is also transmitted from the CO modem to the 
customer premise modem. In the upstream direction, PCM 
sample voice packets are received from the customer 
premise modem, are depacketiZed and presented to the CO 
sWitch in PCM format clocked to the netWork timing refer 
ence signal over the digital trunk interface. 

At the customer premise, one or more telecommunication 
devices are connected to the digital modem into a voice 
interface. These telecommunication devices can include 
telephone instruments, such as traditional telephones, “smart 
phones,” analog modems, or facsimile machines. 
PCM sample voice packets transmitted from the CO 

modem are received by the customer premise modem, 
converted to analog voice band signals using the timing 
reference signal as a clock, and transmitted to the addressed 
telephone instrument. In the upstream direction, analog 
voice band signals from the telephone instruments are 
converted to PCM samples using the timing reference signal 
as a clock, packetiZed into voice packets and transmitted by 
the customer premise modem to the CO modem over the 
subscriber loop using the digital modulation line code. 
At the customer premise, data devices can be connected 

to the customer premise modem over a data interface. The 
data devices can be any source of data packets, for example 
a computer, bridge, router, or hub, behind Which a number 
of individual computers can reside. Data packets received by 
the customer premise modem from the CO modem are 
routed to the addressed data device. In the upstream 
direction, data packets generated by data devices are trans 
mitted over the subscriber loop using the digital modulation 
line code to the CO modem. 

In this system, the only non-digital transmission stage in 
the architecture is the analog loop at the subscriber premise 
connecting the telecommunication devices to the premise 
modem. This distance is typically only a feW feet. This 
digital architecture greatly reduces the loss and impairments 
found in conventional systems resulting from the analog 
path betWeen the telephone instrument and the CO sWitch. 

In the present invention, both voice and data packets are 
transmitted over the subscriber loop to the CO. HoWever, a 
key object of the invention is preserving the intelligibility of 
voice communications. This is accomplished by differenti 
ating betWeen voice and data at both the CO and premise 
modem, via voice and data interfaces, and using a packet 
transmission priority scheme that gives voice packets a 
higher priority than data packets. US. Pat. No. 5,692,035 to 
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O’Mahoney et a1., and “A Quality of Service Architecture” 
by Campbell, Coulson, Hutchison, Computer Communica 
tion Review, Vol. 24, No. 2, April 1994, describe examples 
of such packet based systems giving transmission priority to 
certain packet classes. This packet transmission priority 
scheme ensures that voice is transported in the presence of 
data With a suf?ciently loW latency so as to ensure speech 
intelligibility, and overcomes the speech intelligibility issues 
commonly associated With VOIP, VOATM and VOFR. 

DESCRIPTION OF THE DRAWINGS 

FIG. 1 shoWs a block diagram of the preferred embodi 
ment of the present invention. 

FIG. 2 shoWs a block diagram of the derived voice 
platform of the present invention. 

FIG. 3 shoWs a block diagram of the voice processor card 
of the derived voice platform of the present invention. 

FIG. 4 shoWs a block diagram of the data processor card 
of the derived voice platform of the present invention. 

FIG. 5 shoWs a block diagram of the line card of the 
derived voice platform of the present invention. 

FIG. 6 shoWs a block diagram of the derived voice 
modem of the present invention. 

FIG. 7 shoWs a second embodiment of a block diagram of 
the voice processor card of the derived voice platform of the 
present invention. 

FIG. 8 shoWs a second embodiment of a block diagram of 
the data processor card of the derived voice platform of the 
present invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENT 

FIG. 1 is a block diagram of the preferred embodiment of 
the present invention shoWing, for illustrative purposes, a 
single subscriber connected to a central office. Typically, 
multiple subscribers Will be connected. At the central of?ce, 
derived voice platform 101 is connected to subscriber loop 
102 over tWisted pair connection 103. Derived voice plat 
form 101 is further connected to CO sWitch 104 over a direct 
digital PCM trunk connection 105, Which uses the North 
American standard 8-bit uncompressed mu-1aW command 
ing PCM technique, and to a data netWork over connection 
106. CO sWitch 104 is connected to subscriber loop 102 and 
also to the PSTN over trunk connection 107. 

At the customer premise, derived voice modem 108 is 
connected to subscriber loop 102 over tWisted pair connec 
tion 109. Telephone instruments 110 are typically standard 
telephones connected to a voice interface in derived voice 
modem 108 over standard tip and ring analog voice lines 
111, and data device 112 is typically a computer connected 
to a data interface in derived voice modem 108 over an 
Ethernet 10BaseT connection 113. For purposes of 
discussion, it is assumed that there is only one telephone 
instrument 110 per voice line 111. POTS telephone 114 is 
also connected to subscriber loop 102. 

POTS ?lters 115 and 116 prevent signals having frequen 
cies above the voice band from interfering With phone 
service at CO sWitch 104 and POTS telephone 114. 

At the central office, derived voice platform 101 receives 
PCM format voice data from CO sWitch 104 over PCM 
digital trunk 105 and data packets from the data netWork 
over 100BaseT connection 106. The PCM voice data is 
decoded using the 8 kHZ netWork reference timing signal, 
then packetiZed, including addressing information in the 

10 

15 

25 

35 

45 

55 

65 

6 
packet header corresponding to digital trunk timeslot 
assignment, and the voice and data packets are transmitted 
over subscriber loop 102 via tWo-Wire connections 103 and 
109 to derived voice modem 108 using a digital modulation 
line code. A timing reference signal synchroniZed to the 
netWork timing reference signal is also transmitted doWn 
stream to derived voice modem 108. 

The particular digital modulation line code used to trans 
mit the voice packets and Ethernet data packets over sub 
scriber loop 102 betWeen derived platform 101 and derived 
voice modem 108 is incidental to the invention. Any digital 
modulation line code that provides the following capabilities 
may be used: spectral isolation of the carrier frequency band 
from other services such as POTS on the same physical 
subscriber loop, sufficient bandWidth to support the desired 
number of telephone instruments and data devices, poWer 
spectral density Within applicable FCC rules and 
regulations, and the ability to transport a netWork timing 
reference signal. 

To ensure speech intelligibility, derived voice platform 
101 gives voice packets a higher transmission priority than 
data packets over subscriber loop 102. This can be 
accomplished, for eXample, by alWays transmitting queued 
voice packets and only transmitting data packets if no voice 
packets are queued to be transmitted. 

Derived voice modem 108 receives the voice and data 
packets over tWo-Wire connection 109. Data packets are 
transmitted onto Ethernet connection 113 for data device 
112. Voice packets are broken back to PCM voice samples, 
and then converted to voice band analog signals using the 
timing reference signal as a clock. The voice band analog 
signals are transmitted to the addressed telephone instrument 
110 over connections 111. 

In the upstream direction, derived voice modem 108 
receives standard tip and ring analog signals from telephone 
instruments 110 at a voice interface circuit over tWo-Wire 
connections 111. The tip and ring analog signals are then 
sampled and PCM encoded at an 8 kHZ rate based on the 
netWork timing reference signal. These PCM samples are 
packetiZed and transmitted over subscriber loop 102 via 
tWo-Wire connections 109 and 102 to derived voice platform 
101 using a digital modulation line code. At the same time, 
derived voice modem 108 receives Ethernet data packets 
from data device 112 at an Ethernet interface circuit over 
connection 113. These Ethernet data packets are segmented, 
if needed, and transmitted over subscriber loop 102 to 
derived voice platform 101 using the digital modulation line 
code. 
As in derived voice platform 101, derived voice modem 

108 uses a prioritiZation scheme that gives voice packets a 
higher transmission priority than data packets over sub 
scriber loop 102. 
The PCM sample format voice packets are received by 

derived voice platform 101 over tWo-Wire connection 103, 
depacketiZed and transmitted over digital trunk 105 using 
the netWork timing reference signal as a clock. A mapping 
table associates telephone lines 111 on customer premise 
modem 108 to digital trunk interface 105 timeslots. Data 
packets originating from data device 112 are reassembled, if 
needed, and passed to the data netWork over Ethernet 
connection 106. 

In a typical implementation, there Will also be one or more 
POTS telephones 114 that share subscriber loop 102 With the 
present invention. The POTS phones transmit a standard 
voice band analog signal to CO sWitch 104. POTS ?lters 115 
and 116 are loW-pass ?lters that keep the higher frequency 
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signals associated With the invention from entering CO 
sWitch 104 and POTS telephones 114. 

FIG. 2 shoWs a general block diagram of derived voice 
platform 101 of the preferred embodiment. Voice processor 
card 204 receives voice data in PCM format over four-DS1 
digital trunk connections 105. The PCM voice data is 
converted to voice packets, Which are then encapsulated into 
Ethernet packets and these Ethernet voice packets are trans 
mitted to data processor card 201 over 10BaseT serial 
connections 205. Addressing information in the Ethernet 
header and the voice packet header directs the packet to the 
telephone instrument 110 associated With the DS1 timeslot. 
In the upstream direction, voice processor card 204 receives 
Ethernet voice packets from data processor card 201 over 
connections 205, buffers the voice data and shifts it out in 
PCM format in the appropriate timeslot on a DS1 trunk 105. 

Voice processor card 204 provides several distinct func 
tions. It eXtracts the PSTN netWork timing reference signal 
and distributes it to line cards 200 over connections 203. It 
provides the timeslot interchange and DS1 interface cir 
cuitry for exchanging voice data in a PCM format With CO 
sWitch 104 over DS1 trunks 105. And it has the host CPU 
that provides the dynamic or static trunk DSO to line 
mapping table, and the Ethernet sWitch management for the 
Ethernet sWitches on data processor card 201. The host CPU 
also performs element manager interface functions such as 
distributing the softWare load images for subtending 
processors, DSPs and programmable logic devices. PCI bus 
206 carries the control and provisioning messages of the 
host CPU to data processor card 201. 

Data processor card 201 primarily serves as an Ethernet 
sWitch to route Ethernet data packets betWeen the data 
netWork over 100BaseT connections 106 and the appropriate 
line card 200 over a connection 202, and to route Ethernet 
voice packets betWeen voice processor card 204 over 
10BaseT connections 205 and the appropriate line card 200 
over a connection 202. 

Line cards 200 concentrate tWisted pair connections 103 
to subscriber loops 102 onto a frame in the central office. 
Each line card 200 typically supports multiple derived voice 
modems 108 over multiple tip and ring connections 103. For 
purposes of illustration, each line card 200 is shoWn sup 
porting eight derived voice modems 108 over eight tip and 
ring connections 103. 

Line cards 200 provide the CO-side digital line code 
processing over subscriber loop 102 betWeen derived voice 
platform 101 and derived voice modems 108 and processing 
of the voice packets and Ethernet data packets. Ethernet data 
packets and Ethernet voice packets are received from data 
processor card 201 over full-duplex 10BaseT Ethernet back 
plane connections 202. Ethernet data packets are transmitted 
on the appropriate subscriber loop 102 via a connection 103 
using the digital line code. Ethernet voice packets have their 
Ethernet envelopes removed, and the voice packets are also 
transmitted on the appropriate subscriber loop 102 via a 
connection 103 using the digital line code. 

In the upstream direction, voice packets and Ethernet data 
packets are received at line cards 200 in digital line code 
format from associated derived voice modems 108 over 
connections 103. Line cards 200 decode the line, encapsu 
late the voice packets into Ethernet packets, and transmit the 
Ethernet voice packets and Ethernet data packets to data 
processor card 201 over Ethernet backplane connections 
202. 

Network timing reference signal SKiNTR on connec 
tions 203 from voice card 204 acts as a clock signal to line 
cards 200. 
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FIG. 3 shoWs a block diagram of voice processor card 

204. In operation, PCM voice data is received by line 
interface 303 over digital trunk 105 and transmitted to DSPs 
301 over serial connections 305. Line interface 303 consists 
of a four-DS1 line framer, a line interface component that 
supports four 1.544 Mbps data streams, and a magnetics 
component. Provisioning of the components of line interface 
303 is by host CPU 304 over local processor bus 311 and 
PCI bus 206. DSPs 301 buffer the PCM voice data and 
convert it to voice packets on a DS1 timeslot basis and 
encapsulate each voice packet in an Ethernet envelope. 
Static random access memories SRAMs 308 are used by 
DSPs 301 for program code and data storage. DSPs 301 also 
perform echo cancellation functions. Host CPU 304 man 
ages the mapping tables of DSPs 301 that associate a DS1 
timeslot to a line card 200 media access control (MAC) 
address/derived voice line ID. The Ethernet voice packets 
are then transmitted to Ethernet controllers 300 over data 
bus connections 302 for transmission to data processor card 
201 over 10BaseT serial connections 205. 20 MHZ oscillator 
309 provides the system clock signal to Ethernet controllers 
300. 

In the upstream direction, Ethernet voice packets are 
received by Ethernet controllers 300 from data processor 
card 201 over connections 205. The Ethernet voice packets 
are transmitted to DSPs 301 over data bus connections 302. 
DSPs 301 remove the Ethernet envelope from the voice 
packets, depacketiZe the voice packets, buffer the PCM 
voice data and transmit the PCM data through line interface 
303 onto the DSls of digital trunk 105. DSPs 301 provide the 
DS1 voice timeslot interchange function as directed by host 
CPU 304. 

In the preferred embodiment, each Ethernet controller 300 
is a Cirrus Logic Inc. model CS8900 Ethernet Controller, 
and each DSP 301 is a TeXas Instrument Inc. model 
TMS320C6201 Digital Signal Processor. DSPs 301 are 
connected to DS1 line interface 303 over serial connections 
305 through tWo Multi-Channel Buffered Serial Ports 
(McBSPs) on each DSP 301. In the preferred embodiment, 
each of the tWo McBSPs on each DSP 301 is associated With 
one of the four DSls of trunk 105. Numerous makes and 
models of discrete and integrated line interfaces are com 
mercially available. 

In the preferred embodiment, digital trunk 105 is a 
four-DS1 interface using the GR-303 signaling protocol as 
described in standards publication GR303 , “Integrated 
Digital Loop Carrier System Generic Requirements, 
Objectives, and Interface,” Issue 2, December 1998, Telcor 
dia Technologies, Inc. Although the transmission protocol of 
trunk 105 into the CO sWitch is shoWn as a GR-303 DS1 
trunk connection, any suitable protocol and physical con 
nection that alloWs for a direct digital tie-in to the sWitching 
fabric can be used. For eXample, the TR-008 protocol, as 
described in standards publication TR-TSY-000008, “Digi 
tal Interface BetWeen the SLC-96® Digital Loop Carrier 
System and a Local Digital SWitch,” Issue 2, Rev. 1, Bul. 1, 
Oct 1994, Telcordia Technologies, Inc, may also be used. 

Host CPU 304 manages the GR-303 protocol through 
active and standby Embedded Operations Channels (EOCs) 
and Timeslot Management Channels (TMCs). Connection 
307a communicating With DS1-1 of trunk 105 over connec 
tion 305a carries the active EOC and TMC channels, While 
connection 307b communicating With DS1-2 of trunk 105 
over connection 305b carries the standby EOC and TMC 
channels. In the preferred embodiment, each connection 307 
connects to a TDM port on host 304 that is programmed to 
eXtract the EOC and TMC messaging channel and pass it to 
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a SCC Where the messages are extracted and presented to the 
host CPU processor 304. Host CPU 304 then makes the 
proper DSl timeslot mapping by programming the line card 
200 addressing and the voice timeslot interchange mapping 
tables on DSPs 301 through messages over PCI bus 206 and 
local processor bus 311. 

Host CPU 304 also performs the host CPU element 
manager functions for derived voice platform 101. Those 
skilled in the art Will understand these functions to include 
provisioning, data collection, and softWare doWnload. A 
local craft interface to the host CPU (not shoWn) is typically 
part of the system. In the preferred embodiment, host CPU 
304 is a Motorola model MPC860EN. Element manager 
messaging is in-band across PCI bus 206 for data processor 
card 201 and across PCI bus 206 and local processor bus 311 
for voice processor card 204, and through Ethernet packets 
across backplane 202 for line cards 200. PCI bridge 310 
alloWs for connection of host CPU 304 to PCI bus 206 over 
local processor bus 311. Depending on component choice, 
PCI bridge 310 may not be needed. The 33 MHZ timing 
signal on connection 406 from data processor card 201 
provides a clock to PCI bridge 310. 
As illustrated, line interface 303 extracts the timing signal 

used to generate 8 kHZ netWork timing reference signal 
SKiNTR used by line cards 200. The raW timing signal is 
extracted from DSl-l of trunk 105 of connection 305a by 
line interface 303 and transmitted to phase-lock loop circuit 
306 over connection 305a, Where it is divided doWn and sent 
as a stable 8 kHZ netWork timing reference signal SKiNTR 
over connection 203 to line cards 200. For backup capability 
in the event that DSl-l fails, line interface 303 can also be 
programmed to extract the raW timing signal from, for 
example, DS1-3 and transmit this signal to a software 
selectable 2:1 multiplexer that also receives the raW timing 
signal from line interface 303 DSl-l and outputs one of 
these signals to PLL 306. 

FIG. 4 shoWs a block diagram of data processor card 201. 
Data processor card 201 receives Ethernet data packets from 
the data netWork over 100BaseT connections 106 at Ethernet 
physical interfaces 402. The Ethernet data packets are then 
transmitted to fast Ethernet sWitch 401 over connections 
403. Fast Ethernet sWitch 401 then routes the Ethernet data 
packets to Ethernet sWitches 400 over PCI bus 206 Where 
they are then routed to the appropriate line card 200 over a 
10BaseT backplane connection 202. 

Ethernet voice packets are received from voice processor 
card 204 over 10BaseT connections 205 at Ethernet sWitches 
400. The Ethernet voice packets are then routed to the 
appropriate line card 200 over a connection 202. 

In the upstream direction, line cards 200 transmit voice 
and data Ethernet packets to Ethernet sWitches 400 over 
backplane connections 202. Ethernet data packets are routed 
to fast Ethernet sWitch 401 over PCI bus 206, Where they are 
then sent to 100BaseT physical interfaces 402 over connec 
tions 403 for transmission to the data netWork over 
100BaseT connections 106. Ethernet voice packets received 
from line cards 200 are routed by Ethernet sWitches 400 to 
voice processor card 204 over 10BaseT connections 205. 

The Ethernet routing tables for Ethernet sWitches 400 and 
401 are maintained by host CPU 304 over PCI bus 206. 

33 MHZ oscillator 404 provides timing to Ethernet 
sWitches 400 and 401 over connection 409 for PCI bus 206 
circuitry, and 80 MHZ oscillator 405 provides timing to 
Ethernet sWitches 400 over connection 410 for transmit and 
receive timing. 33 MHZ oscillator 404 also provides a timing 
signal to voice processor card 204 over connection 406. 25 
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MHZ oscillator 407 provides timing to 100BaseT physical 
interfaces 402 for their transmit and receive clocks. 

Bus arbiter 408 controls oWnership of the bus using a 
simple rotating priority algorithm among PCI resources that 
can control the bus. In the present invention, bus arbiter 408 
is implemented in a programmable logic device. Depending 
on component selection, a separate bus arbiter 408 may not 
be required. 

In the preferred embodiment, each Ethernet sWitch 400 is 
a Galileo Technology Inc. model GT-48001A SWitched 
Ethernet Controller, fast Ethernet sWitch 401 is a Galileo 
Technology Inc. model GT-48002A SWitched Fast Ethernet 
Controller, and each 100BaseT physical interface 402 is a 
Level One Communications Inc. models LXT970 Dual 
Speed Fast Ethernet Transceiver. 

FIG. 5 shoWs a block diagram of a line card 200. Ethernet 
transceiver 507 receives Ethernet voice and data packets 
from data processor card 201 over 10BaseT backplane 
connection 202. The Ethernet voice and data packets are 
then transmitted to processor 502 over connection 508. 20 
MHZ oscillator 509 provides a timing signal to Ethernet 
transceiver 507 and processor 502. Dynamic random access 
memory DRAM 505 and content-addressable memory 
CAM 506 are used by processor 502 for program and data 
storage and packet buffering, and for fast lookup of MAC/IP 
addresses, respectively. Other suitable forms of memory 
may also be used. Processor 502 removes the Ethernet 
envelope from the voice packets, segments large Ethernet 
data packets, and transmits the voice and Ethernet data 
packets to DSPs 501 over bus connection 503. 

DSPs 501 are connected to processor 502 over Host 
Processor Interface (HPI) bus 503. HPI bus 503 comprises 
an address and data bus, an interrupt connection for each 
DSP 501 and various control input signals. A ?eld program 
mable gate array FPGA 504 acts as a control signal interface 
betWeen processor 502 and DSPs 501. Although the control 
signals passed betWeen processor 502 and DSPs 501 are 
relatively standardiZed, there generally are differences 
among manufacturers in the timing and composition of the 
control output signals and expected control input signals. 
FPGA 504 formats control output signals to meet the spe 
ci?c requirements of the expected control input signals. 
Those skilled in the art Will recogniZe the Well knoWn 
function of FPGA 504 by its more common name “glue 
logic.” Depending on component choices, a glue logic 
FPGA may not be needed. 

DSPs 501 convert the voice packets and Ethernet data 
packets to the digital line code and transmit the line code 
data to analog front ends AFEs 500 for transmission across 
subscriber loops 102 via connections 103. 8 kHZ netWork 
timing reference signal SKiNTR on lead 203 from voice 
processor card 204 provides timing to AFEs 500 and DSPs 
501. 

In the upstream direction, line code format voice and 
Ethernet data packets are received at AFEs 500 over sub 
scriber loop connections 103. AFEs 500 convert the analog 
line code data to a digital format serial bit stream, and 
transmit the bit stream to a buffered serial port of an 
associated DSP 501. DSPs 501 decode the line and transmit 
the voice packets and segmented Ethernet data packets to 
processor 502. The voice packets are encapsulated in Eth 
ernet frames and the segmented Ethernet data packets are 
reassembled. Both the Ethernet voice packets and Ethernet 
data packets are then transmitted from processor 502 to 
Ethernet transceiver 507 over connection 508. In the present 
invention, each line card is assigned a MAC layer address to 
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facilitate switching on data processor card 201, and mapping 
of derived voice lines to appropriate time slots on PCM 
trunk 105. Ethernet transceiver 507 then transmits all Eth 
ernet voice and data packets to data processor card 201 over 
10BaseT Ethernet backplane connection 202. 

In the present invention, each active (off-hook) derived 
voice modem telephone line 110 requires a dedicated 192 
kbps of bandWidth over a subscriber line 102, comprising 64 
kbps upstream, 64 kbps downstream, and 64 kbps for 
signaling and control overhead. Aderived voice modem data 
line 113 is not constrained by a constant bit rate transmission 
stream, and can use the remainder of the available subscriber 
loop bandWidth not allocated to active derived voice tele 
phone lines for Ethernet data packet transmission. 

In the preferred embodiment, the particular digital modu 
lation line code technology used to transmit the voice 
packets and Ethernet data packets over subscriber loop 102 
betWeen derived platform 101 and derived voice modem 108 
is Tripleplay from Paradyne Corporation. Tripleplay is a 
trademark of Paradyne Corporation. Tripleplay uses a fre 
quency spectrum Within the ISDN envelope, but reserves the 
loWer frequencies doWn to 0 HZ exclusively for POTS 
transmission. Tripleplay generates and transmits a timing 
reference signal over subscriber loops 102 betWeen DSPs 
501 on derived voice platform 101 and associated DSPs on 
derived voice modems 108. The Tripleplay timing reference 
signal is phase locked to the netWork timing reference signal 
8KiNTR delivered to DSPs 501 over connections 203. In 
the illustrations of the invention, no distinction is made of 
the Tripleplay timing reference signal, and netWork timing 
reference signal 8KiNTR is shoWn in uninterrupted fashion 
from derived voice platform 101 to derived voice modems 
108. 

In the preferred embodiment, Ethernet transceiver 507 is 
a Motorola MC68160 Enhanced Ethernet Serial Transceiver, 
Processor 502 is a Motorola model MPC860EN PoWer 
QUICC microprocessor, each DSP 501 is a Texas Instrument 
model TMS320VC549 Digital Signal Processor supporting 
the Tripleplay line coding algorithms through softWare sup 
plied by Paradyne, and each AFE 500 is a BurrBroWn model 
AFE1137 Analog Front End tuned to support the Tripleplay 
digital line code. 

FIG. 6 shoWs a block diagram of derived voice modem 
108 of the present invention. Telephone instruments 110 are 
connected to Subscriber Line Interface Circuits (SLICs) 600 
over tWo-Wire connections 111. SLICs 600 receive the tip 
and ring analog signals from telephones 110, sample the 
analog signals and digitally encode the signals using the 
PCM technique, and transmit the voice samples to processor 
601 over connections 602. The sampling rate is clocked by 
the 8 kHZ netWork timing reference signal 8KiNTR, as 
delivered to SLICs 600 over connection 603 by DSP 604. 
The sampling information is transmitted from SLICs 600 in 
a 64 kbps serial bit stream, comprising 8K samples at 8 bits 
per sample, to full-duplex Serial Communication Channel 
interfaces (SCCs) on processor 601 over connections 602. 

Processor 601 packetiZes the PCM voice samples into 
voice packets that include signaling information and a 
header. Since these packets are transmitted locally and not 
onto the netWork, any suitable packet format may be used, 
including standard and non-standard or proprietary formats. 
In the preferred embodiment, a proprietary voice packet 
format is used Where the format and packet length Were 
optimiZed for the line code and line technology. The voice 
packet format is comprised of an on/off-hook, ringing, and 
disconnect signaling Word, and 128 bytes of PCM. This 
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voice packet is further encapsulated in a “line” packet Which 
contains further addressing, control, and error protection 
bytes. Total packet length is 140 bytes. 

Concurrently, data device 112 is transmitting Ethernet 
data packets to Ethernet controller 605 over 10BaseT con 
nection 113. These data packets are then transmitted to 
processor 601 over connection 606. Processor 601 segments 
the Ethernet packets to a siZe comparable to that of the voice 
packets if necessary. 

The voice and Ethernet data packets are then buffered in 
processor 601 and transmitted over bus 607 to a HPI in DSP 
604. FPGA 608 provides glue logic betWeen processor 601 
and DSP 604. Depending on component choices, FPGA 608 
may not be needed. DSP 604 then formats the voice packets 
and Ethernet data packets into a serial bit stream, performs 
line encoding and modulation, and transmits the bit stream 
to AFE 609 over connection 610. AFE 609 then drives the 
bits onto subscriber loop 102 via connection 109 using the 
digital modulation line code. 

To ensure high quality voice in a miXed voice and data 
packet transmission scheme, voice packets are given trans 
mission priority in processor 601 such that an effective 
constant 64 kbps upstream and doWnstream rate is main 
tained. This is accomplished by a combination of relatively 
small and comparable voice and data packet siZes and 
alWays giving voice packets priority over data packets. 

Operation in the doWnstream direction is essentially the 
reverse process of the upstream direction as just described. 
PrioritiZation of voice packets over data packets has taken 
place at the CO side, alloWing doWnstream packets to be 
processed in the order received. 

In the preferred embodiment, derived voice modem 108 is 
a SuperLine Integrated Access Device, part number 
TR100890-2C, available through AG Communication Sys 
tems Corp. SuperLine is a trademark of AG Communication 
Systems Corp. The SuperLine Adapter is based on the 
Tripleplay technology from Paradyne Corporation. 

Also shoWn in FIG. 6 is POTS telephone 114 connecting 
to subscriber loop 102. Standard POTS service shares sub 
scriber loop 102 With the derived voice lines of the present 
invention. In the preferred embodiment, a loW-pass ?lter 116 
isolates POTS telephone 114 from the higher frequency 
signals of the derived voice lines. 

Other Embodiments 

While an enabling disclosure of the preferred embodiment 
of the present invention has been particularly described, 
other embodiments of the invention are Within the scope of 
the folloWing claims. It is intended that the scope of the 
invention be de?ned by the claims beloW and their equiva 
lents. 
Embodiments involving scaling of the invention to meet 

physical, technological or economic constraints or customer 
requirements can be made Without departing from the scope 
and spirit of the invention. For eXample, the number of 
telephone instruments and data devices that can be sup 
ported by a derived voice modem 108 is governed by the 
total bandWidth available for transport over connection 109 
and subscriber loop 102, the bandWidth that is incrementally 
dedicated to each active telephone instrument 110, and the 
minimum acceptable bandWidth to be used for data trans 
port. In turn, these bandWidth parameters are governed by 
the chosen transport technology and associated protocols, 
and subscriber loop conditions. In general, the number of 
derived voice telephone instruments 110 and computing 
devices 112 supported by a derived voice modem 108, the 
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number of derived voice modems 108 supported by a 
derived voice platform 101, the number of line cards 200 per 
derived voice platform 101, and the number of subscriber 
loops 103 per line card 200 are design decisions governed by 
the above factors and can cover a Wide range Within the 
scope of the invention. 
At the other end of the scale, FIGS. 7 and 8 shoW hoW the 

voice and data cards, respectively, may be con?gured in 
support of a single telephone instrument and data device on 
a single subscriber loop. The components of FIGS. 7 and 8 
perform the same basic functions as described above for the 
general case of multiple data devices and telephone instru 
ments. For a single telephone instrument With no data 
device, data processor card 201 isn’t needed, and Ethernet 
controller 300 can connect directly to Ethernet transceiver 
507. In addition, analog front ends 500 and digital signal 
processors 501 serving subscriber loops 103 tWo through 
eight Would not be needed. 
As additional subscriber loops 103 are served, corre 

sponding analog front ends 500 and digital signal processors 
501 Will be required. As additional line cards are served, 
additional Ethernet sWitches 400 may be required as load 
dictates. 

Similarly, embodiments involving speci?c component 
choices to meet physical, technological or economic con 
straints can be made Without departing from the scope and 
spirit of the invention. For example, a suite of components 
from a single manufacturer may not require the glue logic 
that is indicated in the preferred embodiment of the present 
invention. Also, certain component choices may be more or 
less integrated than other choices, or have larger or smaller 
capacities. These component choices are design decisions 
governed by the above factors and can cover a Wide range 
Within the scope of the invention. 

The particular digital modulation line code used to trans 
mit the voice and data packets over the subscriber loop 
betWeen is incidental to the invention. Any digital modula 
tion line code that provides the folloWing capabilities may 
be used: spectral isolation of the carrier frequency band from 
other services such as POTS on the same physical subscriber 
loop, suf?cient bandWidth to support the desired number of 
telephone instruments and data devices, poWer spectral 
density Within applicable FCC rules and regulations, and the 
ability to transport a netWork timing reference signal. For 
eXample, another acceptable digital modulation line code is 
G.lite as standardiZed by the International Telecommunica 
tions Union. 

Similarly, the transmission protocol and connection 106 
into the data netWork, shoWn as a 100BaseT connection, 
may be any suitable protocol and physical connection that 
satis?es the speci?c requirements of the application. 

In the preferred embodiment, backplane 202 uses the 
Ethernet protocol to transport the voice and data packets 
betWeen line cards 200, data processor card 201 and voice 
processor card 204. HoWever, other cell or frame oriented 
protocol can be used. For example, ATM25 With an ATM 
sWitch may also be used. 

The preferred embodiment describes a system Where 
derived voice platform 101 connects directly to a CO sWitch 
104 over a trunk 105, and directly to a data netWork over a 
connection 106. Those skilled in the art Will appreciate that 
a telecommunications netWork may involve numerous net 
Work elements, and With interface-related changes Within 
the scope of the invention, derived voice platform 101 may 
reside at any of multiple points in the netWork. 

The voice and data packet siZes are design decisions 
dependent on the underlying protocols and transmission 
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technologies chosen, balanced against the requirement to 
minimiZe latency in the delivery of voice transmission. 
Different technologies may yield different absolute and 
relative voice and data packet siZes. 
The invention of Applicants may also be implemented in 

a phased approach Wherein additional voice line services are 
offered initially, and data services are offered When a data 
transport infrastructure at the central of?ce is established. 
What is claimed is: 
1. A system for multiple derived voice lines over a 

subscriber loop for use in a telephone netWork, said system 
comprising: 

a voice interface adapted to connect to the telephone 
netWork over a digital netWork connection, and oper 
able to receive over said digital netWork connection 
digitiZed voice data, and further operable to packetiZe 
said digitiZed voice data into voice packets; and 

a line interface adapted to connect to a subscriber loop 
having an active telephone instrument connected 
thereto, and operable to receive said voice packets from 
said voice interface and transmit said voice packets to 
the active telephone instrument via the subscriber loop; 
Wherein: 
the telephone netWork includes a source of a netWork 

timing reference signal; 
said voice interface is further operable to receive a ?rst 

timing signal over said digital netWork connection 
that is synchroniZed to the netWork timing reference 
signal, and to receive said digitiZed voice data in 
synchroniZation With said ?rst timing signal, and 
further operable to generate and transmit to said line 
interface a second timing signal that is synchroniZed 
to said ?rst timing signal; and 

said line interface is further operable to generate and 
transmit onto the subscriber loop a third timing 
signal that is synchroniZed to said second timing 
signal. 

2. A system according to claim 1, Wherein said digitiZed 
voice data is received over said digital netWork connection 
in accordance With a GR-303 transmission protocol. 

3. A system according to claim 1, Wherein said digitiZed 
voice data is received over said digital netWork connection 
in accordance With a TR-008 transmission protocol. 

4. A system according to claim 1, Wherein said line 
interface is further operable to transmit said voice packets 
onto the subscriber loop in accordance With a digital modu 
lation line code that provides spectral isolation of a carrier 
frequency band from other frequency bands on the sub 
scriber loop. 

5. A system according to claim 4, Wherein said digital 
modulation line code uses a frequency spectrum that is 
Within the frequency spectrum of ISDN. 

6. A system according to claim 1, Wherein said voice 
packets are encoded in accordance With an Ethernet proto 
col. 

7. A system according to claim 1, Wherein said voice 
interface is further operable to receive digitiZed voice data 
associated With one or more active telephone instruments, 
each of the active telephone instruments associated With a 
unique address, and each of said voice packets further 
comprising the unique address of one of the active telephone 
instruments. 

8. A system according to claim 1, Wherein: 
said voice interface is further operable to receive digitiZed 

voice data associated With one or more active telephone 
instruments, each of the active telephone instruments 
associated With a unique address, each of said voice 
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packets further comprising the unique address of one of 
the active telephone instruments; and 

said line interface is further adapted to connect to one or 
more subscriber loops each having one or more of the 
active telephone instrurnents connected thereto, and 
further operable to transmit each of said voice packets 
toWard the active telephone instrurnents over the sub 
scriber loops. 

9. A system according to claim 1, Wherein: 
said voice interface is further operable to receive digitized 

voice data associated With one or more active telephone 
instrurnents, each of the active telephone instrurnents 
associated With a unique address, each of said voice 
packets further comprising the unique address of one of 
the active telephone instrurnents; 

said system further comprises one or more of said line 
interfaces, each being further adapted to connect to one 
or more subscriber loops, each of the subscriber loops 
having one or more of the active telephone instrurnents 
connected thereto, each of the line interfaces associated 
With the active telephone instrurnent addresses of the 
active telephone instrurnents connected thereto, and the 
line interfaces further operable to transmit received 
packets toWard the active telephone instrurnents over 
the subscriber loops; and 

said system further comprises a packet sWitch interposed 
betWeen said voice interface and said line interfaces, 
said packet sWitch operable to receive said voice pack 
ets from said voice interface and to route each of said 
voice packets to the line interface associated With the 
active telephone instrurnent address in said voice 
packet. 

10. A system for multiple derived voice lines over a 
subscriber loop for use in a telephone netWork, said system 
comprising: 

a line interface adapted to connect to a subscriber loop 
having an active telephone instrurnent connected 
thereto, and operable to receive over the subscriber 
loop voice packets cornprising digitiZed voice data 
from the active telephone instrument; and 

a voice interface adapted to connect to the telephone 
netWork over a digital netWork connection, and oper 
able to receive said voice packets from said line 
interface, to eXtract said digitiZed voice data, and to 
transmit said digitiZed voice data over said digital 
netWork connection; Wherein: 
the telephone netWork includes a source of a netWork 

tirning reference signal; 
said voice interface is further operable to receive a ?rst 

tirning signal over said digital netWork connection 
that is synchroniZed to the netWork tirning reference 
signal, and to transmit said digitiZed voice data in 
synchroniZation With said ?rst tirning signal, and 
further operable to generate and transmit to said line 
interface a second tirning signal that is synchroniZed 
to said ?rst tirning signal; and 
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said line interface is further operable to generate and 

transmit onto the subscriber loop a third tirning 
signal that is synchronized to said second tirning 
signal, said digitiZed voice data digitiZed in synchro 
niZation With said third tirning signal. 

11. Asystern according to claim 10, Wherein said digitiZed 
voice data is transmitted over said digital netWork connec 
tion in accordance With a GR-303 transrnission protocol. 

12. Asystern according to claim 10, Wherein said digitiZed 
voice data is transmitted over said digital netWork connec 
tion in accordance With a TR-008 transrnission protocol. 

13. A system according to claim 10, Wherein said line 
interface is further operable to receive said voice packets 
over the subscriber loop in accordance With a digital rnodu 
lation line code that provides spectral isolation of a carrier 
frequency band from other frequency bands on the sub 
scriber loop. 

14. A system according to claim 13, Wherein said digital 
rnodulation line code uses a frequency spectrum that is 
Within the frequency spectrum of ISDN. 

15. A system according to claim 10, Wherein said voice 
packets are encoded in accordance With an Ethernet proto 
col. 

16. A system according to claim 10, Wherein said line 
interface is further adapted to connect to a subscriber loop 
having one or more active telephone instrurnents connected 
thereto, each of the active telephone instrurnents associated 
With a unique address, and each of said voice packets further 
comprising the unique address of one of the active telephone 
instrurnents. 

17. A system according to claim 10, Wherein said line 
interface is further adapted to connect to one or more 

subscriber loops each having one or more active telephone 
instrurnents connected thereto, each of the active telephone 
instrurnents associated With a unique address, and each of 
said voice packets further comprising the unique address of 
one of the active telephone instrurnents. 

18. A system according to claim 10, Wherein: 
said system further comprises one or more of said line 

interfaces, each of the line interfaces further adapted to 
connect to one or more subscriber loops each having 
one or more active telephone instrurnent connected 
thereto, each of the active telephone instrurnents asso 
ciated With a unique address, each of said voice packets 
further comprising the unique address of one of the 
active telephone instrurnents; 

said system further comprises a packet sWitch interposed 
betWeen said line interfaces and said voice interface, 
said packet sWitch operable to receive said voice pack 
ets from said line interfaces and to route said voice 
packets to said voice interface; and 

said voice interface is further operable to receive said 
voice packets from said packet sWitch. 

* * * * * 


